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Summary 

Direct Radio Broadcasting by Satellite (DRBS) offers many advantages whilst 
presenting new and challenging problems. This Report examines the feasibility of a satellite 
system to broadcast high-quality stereo audio signals to fixed, portable, and mobile 
receivers using digital coding. Technical options, including satellite orbits, operating 
frequencies and digital coding methods are discussed, together with link-margin 
calculations. Seemingly intractable problems of transmitting high bit rate digital signals 
through highly dispersive 'mobile' channels are then examined, together with methods of 
channel characterisation and measurement. Finally, countermeasures to multipath 
propagation are discussed in detail; these include diversity systems, spread-spectrum, 
adaptive channel equalisation and forward error control coding. 

Whereas the geostationary orbit is satisfactory for low latitude countries, it is 
concluded that a 'Molniya' type elliptically orbiting satellite system may offer the best 
prospect for a technically successful, bandwidth efficient, DRBS system for the UK and 
other higher latitude countries. However, much additional study is necessary to develop the 
tentative conclusions drawn here. 
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1. INTRODUCTION 

Direct broadcasting of sound signals by satellite 
has many attractions, particularly for a system that can 
provide reliable reception for portable and mobile 
receivers as well as fixed receivers. Developing 
countries would also find it easier to establish nation- 
wide coverage using such a system. 

Initial work on this subject assumed that 
frequency modulation (FM) would be used (using the 
standard used in terrestrial VHF broadcasting). The 
attractions of such a scheme were that no new 
technology would be involved: a simple frequency 
converter could be used in front of a standard FM 
receiver. 

The potential for a fully digital system, 
however, is far greater. Audio quality comparable to 
that obtained from a compact disc is possible, and the 
flexibility of the system would allow a stereo 
programme to be traded for two or more monophonic 
signals, or provide data services (giving traffic 
information, for example). The extra complexity of a 
digital format might not be a problem with the rapid 
progress being made with large-scale integrated 
circuits. Link margin calculations also show that 
digital coding compares favourably with conventional 
analogue systems 1 . This Report therefore sets out to 
explore the possibilities of a digital satellite transmission 
system. 

Unlike direct broadcasting by satellite of 
television signals where the format of video signals is 
established, a suitable system for digital radio 
transmission has not yet evolved*. Solutions to a 
number of interrelated problems need to be found, in 
particular those associated with the transmission of 
relatively high bit rate digital signals to mobile 
receivers. These problems are: 

(1) to establish a coding standard for the audio 
signal, with as low a bit rate as possible 
and with no perceptible degradation when 
compared with a 16-bit linear code, 

Ignoring the 12 GHz band 16-stereo programme DSR system 
proposed for use with the German DBS system, as this is only 
suitable for fixed reception (see CCIR Rep. 215-6). 



(2) to decide on the type of satellite and its 
orbit, i.e. would a highly elliptical orbit as 
used by the Russian Molniya satellites or, 
alternatively, a geostationary orbit be most 
suitable? 

(3) to determine the most suitable operating 
frequency from those potentially available, 

(4) to develop bandwidth efficient techniques 
and modulating methods to combat the 
multipath fading effects experienced in 
cluttered environments and particularly 
with mobile reception. 

These problems are interrelated and in some 
cases may have conflicting solutions, i.e. a modulation 
method that is effective against multipath fading could 
be extravagant in the use of spectrum. The last 
problem is the most intractable and dictates the main 
purpose of this Report which is to examine the 
problems of multipath propagation and investigate 
effective countermeasures. 



2. CHOICE OF OPERATING FREQUENCY 
AND BANDWIDTH REQUIREMENTS 

At present there is no frequency band allocated 
to satellite sound broadcasting. The ITU World 
Administrative Radio Conference (WARC) of 1988 
considered this matter and supported a claim for an 
appropriate band allocation to be considered. Technical 
reasons for the choice of a frequency band favour a 
relatively low frequency around I GHz and are 
governed by the following factors: 

(a) shadowing of the direct path will occur, 
thus requiring reception from reflected 
signals, 

(b) mobile receivers require omnidirectional 
antennas; these have greater effective 
aperture at the lower frequencies, 

(c) rain attenuation is less, 
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(d) the receiver input amplifiers can use a 
low-cost FET, the noise figure of which is 
frequency dependent, becoming smaller as 

the operating frequency is lowered, 

(e) transistor amplifiers could also be used in 
the satellite with greater reliability than 

travelling-wave tubes. 

For 16 channels per service area, the total 
necessary bandwidth is likely to be between 28 MHz 
and 80 MHz, depending on the audio signal coding 
being used. This figure is arrived at as follows: 16 
stereo channels are allocated to each service area and 
a lattice of hexagonal service areas having a seven-cell 
repeat structure is assumed 1 (this assumption is 
idealistic as real countries do not fit this regular 
pattern). The bandwidth necessary per channel will 
thus be given approximately by seven times the stereo 
bit rate (assuming a spectral efficiency of 1 bit/s/Hz 
for the modulation). Since a stereo bit rate of 
728 kbit/s is achievable now with NICAM-3 we have 
an upper limit of about 80 MHz. The lower limit is 
dependent on the success of bit-rate reduction 
techniques plus coding, etc. to give a probable lower 
limit of about 28 MHz, if a stereo bit rate of 
250 kbit/s is assumed possible. 



urban areas. Shadowing and multipath propagation 
tend to increase as the elevation of the satellite is 
lowered, with reception by mobile or portable 
receivers being the most critical. Thus for high latitude 
countries, where the elevation of a geostationary 
satellite is low, the Molniya orbit would appear to 
have a considerable advantage. 



39-5 Mm 
altitude 



12hr Molniya -type 
orbit inclined at 63-4° 




1 Mm altitude 



24 hr geostationary 
(circular) orbit 
35-8 Mm altitude 

Fig. 1 - The Molniya orbit. 



3. SATELLITE OPTIONS 

The choice of satellite orbit would appear to 
be between a geostationary orbit and a 'Molniya' 
orbit 1 , although other non-geostationary orbits may be 
possible. 

The former is a circular orbit, lying in an 
equatorial plane of radius 42 164 km and having a 
24-hour period so that it appears stationary to 
observers on the earth. 

The latter orbit is highly elliptical, inclined at 
about 64 degrees to the Equator and having an orbital 
period of 12 hours. The axis of the orbit ellipse does 
not revolve around the centre of the earth and thus 
the apogee is always situated above the same 
geographical areas, with about 8 hours coverage 
during the 12 hour orbit. Because the orbit period is 
half that of the earth's rotational period, alternate 
orbits cover regions spaced in longitude by 180 
degrees. Thus three such satellites are needed for 
continuous service, each in a separate orbit plane 
through the earth's axis at 120° angular separations. 
This orbit is used by the Russian Molniya satellites 
and details are shown in Fig. 1. 

The elevation of the received signal has a large 
influence on shadowing and multipath problems in 



A further advantage of the Molniya orbit is 
that the beamwidth of a mobile receiving antenna only 
needs to be about 45 degrees (about 30 degrees 
beamwidth is needed by a fixed receiver with an extra 
15 degrees to allow for hills). This would give a 
possible gain of 11.7 dB for the receiving antenna. If a 
geostationary orbit is used the receiving antenna will 
need to be more nearly omnidirectional, thus 
restricting the gain to less than 3 dB. 

The disadvantages of the Molniya orbit include 
the obvious need for three satellites, the need for a 
trajectory correction system, and a more complex 
transmitting antenna system. During the 8-hour 
transmission period the distance between the satellite 
and earth will vary between approximately 40 000 km 
and 30 000 km so some form of adjustment to the 
antenna pointing and beamwidth may be desirable. 
Changing Doppler shift, particularly in satellite 
change-over periods also needs to be considered. 

For moderately high latitude countries, such as 
the UK, the Molniya orbit would appear to have 
considerable advantage in terms of link margin and 
digital system complexity. Low-latitude regions are 
best served by a geostationary satellite. Some 
improved frequency re-use may be possible with such 
a mixed-orbit arrangement but this is limited by the 
directivity of the mobile receiving antenna. 
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4. DIGITAL SOUND CODING AND 
. BIT-RATE REDUCTION 

Efficient signal coding is an important aspect 
of the overall design. 

Two areas of current research into bit-rate 
reduction show considerable promise: 



and 



1. Frequency-domain coding, 

2. Linear predictive coding. 



The first system exploits properties of aural 
perception by arranging for quantisation noise to have 
the same spectral content as the signal and so reduce 
the perceived effect of the quantisation noise on the 
human auditory system. The work, carried out at 
ARD/ZDF in Germany 2 , achieves a stereo trans- 
mission rate of 220 kbit/s with some listening tests 
indicating no audible difference between this coding 
and 16-bit linear coding. 

Work at the BBC Research Department using 
linear predictive coding has also achieved considerable 
success, again confirmed by listening tests. The present 
experimental system using three predictors, the most 
appropriate one being chosen for each millisecond 
time slot, requires between 5 and 6 bits to code each 
sample. The action of the decoding predictor further 
improves matters by effectively masking the quantisa- 
tion noise beneath the audio signal. Feedback around 
the quantiser further helps to shape the spectrum of 
quantisation noise to where it is less obtrusive. 
Increasing the number of predictors would obviously 
lead to further improvements. 

It would seem reasonable therefore to assume 
that a stereo bit rate of between 250 kbit/s and 
350 kbit/s will be achievable in a practical system. 

5. LINK MARGINS 

The feasibility or otherwise of any proposal for 
Direct Radio Broadcasting by Satellite depends on our 
ability to define a system, which, with a reasonably 
low satellite power, provides a satisfactory service to 
all the envisaged receivers. The satellite power depends 
on the link margins, and this in turn depends on the 
type of modulation system used. An initial comparison 
of link margins for digital and frequency modulation 
will be made, followed by a full link budget for digital 
modulation, showing the effect of various excess path 
losses on transmitter power requirement. 

5.1 Comparison of digital and frequency 
modulation 

A fair comparison of the two modulation 



systems is not easy as the final result is dependent on 
initial assumptions and can easily be prejudiced either 
way. The system thresholds operate in different 
ways. FM typically requires an increase in the carrier- 
to-noise ratio of 30 dB to improve audio quality 
from Grade 3 (fair) to Grade 5 (excellent) whereas 
even simple digital modulation needs less than a 
3 dB increase to achieve the same result. The 
■ different types of impairment causing signal degrada- 
tion make subjective judgement of comparative quality 
difficult. 

The following assumptions were therefore 
made for the comparison: 

(a) the monophonic signal has a bandwidth of 
15 kHz, 

(b) for the FM signal: 

the peak deviation is 75 kHz, 

the transmission bandwidth is 180 kHz, 

the FM improvement is 30 dB, 

a 10 dB C/N ratio threshold gives a 40 dB 
(r.m.s., weighted) signal-to-noise ratio at 
the detector output (Grade 3 quality), 

(c) for digital modulation: 

the bit rate* is 364 kbit/s, 

the transmission bandwidth is 182 kHz, 

the modulation system is QPSK, 

a 10 dB C/N ratio threshold to give a BER of 
1 in 10~ 3 (judged Grade 3 quality when 
errors concealed using interpolation 3 ), 

(d) transmission path losses, antenna gains, receiver 
noise factors, and excess path losses etc. are 
assumed the same for each system. In practice it 
may not be appropriate to assume that excess 
path losses are the same for both modulation 
systems as far less is known about the effects of 
multipath propagation on digital modulation 
systems (practical experiments to measure excess 
path loss have generally assumed FM trans- 
mission) 4 ' 5 . 

Table 1 summarises the above assumptions and 
shows that bandwidth and signal power requirements 
are comparable at threshold level, with digital 
modulation having a considerable advantage over FM 
for small increases in C/N. Developments in digital 
audio coding and transmission error coding, could 
however, modify the result. 



The bit rate chosen for this comparison is based on an existing 
standard, i.e. half the bit rate of the proposed digital stereo sound 
system for terrestial UHF television broadcasts, and higher than 
the bit rate likely to be used for the actual satellite transmission 
system. 
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Table 1 
Comparison of digital and frequency modulation systems. 



Table 2 
Relationship between transmitter power and excess path loss. 





FM 


Digital 


Noise bandwidth 


180 kHz 


182 kHz 


Quality for a carrier-to- 


S/N = 40 dB 


bit-error-ratio = !Q~ 3 


noise ratio of 10 dB 


(Grade 3) 


(Grade 3) 


Improvemeot in carrier- 






to-noise ratio to give 


30 dB 


3dB 


Grade 5 







5.2 Link budget for digital modulation 

The following calculations and assumptions 
give an indication of satellite power requirements for 
various excess path losses: 

Stereo modulating signal 

6-bit/sample audio coding, with bit rate of 384 kbit/s 

Transmission error coding rate 2/3 increasing bit rate to 576 kbit/s 



QPSK modulation with transmission bandwidth 




288 kHz 


Transmitter antenna gain (UK beam of WARC-77) 


43.2 dBi 


Receiver noise temperature 




600 K 


Receiver coupling loss 




1 dB 


Receiver antenna gain 

(Geostationary satellite — omnidirectional) 
(Molniya satellite — mobile reception) 
(Molniya satellite — portable reception) 




3dB 
11.7 dB 
6dB 


Distance from satellite to receiver 
(Geostationary orbit) 
(Molniya orbit, apogee) 




38 841 km 

39 957 km 


Operating frequency 




1 GHz 


C/N ratio at beam edge 




10 dB 


Noise power at receiver input (kTB) 




-146.2 dBW 


Signal power at receiver input for 10 dB C/N 




-136.2 dBW 


Path loss 

(Geostationary) 
(Molniya) 




184.2 dB 
184.5 dB 


Line-of-sight transmitter power 
(Geostationary satellite) 
(Molniya satellite — mobile receiver) 
(Molniya satellite — portable receiver) 




5.8 dBW 

-2.9 dBW 

2.8 dBW 


Satellite transmitter power 
(Geostationary satellite) 
(Molniya satellite — mobile receiver) 
(Molniya satellite — portable receiver) 
(L is the excess path loss) 


(L 
(L 

(L 


+ 5.8) dBW 
- 2.9) dBW 
+ 2.8) dBW 



The effect on transmitter power of various 
excess path losses between 10 dB and 25 dB is 
summarised in Table 2. 

The crucial factor is clearly the excess path loss 
for portable and mobile receivers. This is dependent 
on building penetration loss, shadowing loss, and 
multipath cancellation loss. 



Excess path loss 


10 dB 


15 dB 


20 dB 


25 dB 


Geostationary orbit 

Molniya orbit 

— portable receiver 

— mobile receiver 


38 W 

19 W 

5.1 W 


120 W 

60 W 
16.2 W 


380 W 

190 W 
51 W 


1200 W 

600 W 

162 W 



Building penetration loss is dependent on the 
type of construction and for normal double-story 
brick-built houses the loss has a mean of about 12 dB, 
but shadowing by trees can increase this loss by 
another 12 to 15 dB (based on measurements by 
Wells 6 using signals from the ATS-6 satellite). 
Commercial buildings constructed of steel, concrete, 
and stone have penetration losses typically up to 
20 dB (based on terrestrial data). 

Mobile reception in rural areas is affected 
mainly by shadowing loss (trees, etc.). This ranges up 
to about 15 dB for 90% of locations. The multipath 
fading loss when the line-of-sight path is unobstructed 
is less than 3 dB 4, 7 . 

In urban areas shadowing and multipath losses 
range up to 25 dB for 90% of locations. Measurements 
undertaken by Hess 4 also showed that normalised 
average fade durations were substantially longer than 
would be expected from theoretical fade performance 
of a Rayleigh distributed signal, pointing to shadowing 
loss (as opposed to multipath cancellation) being 
responsible. Clearly more information is needed to 
identify the precise nature of this loss since, whereas 
shadowing loss can be reduced by increasing trans- 
mitter power, multipath propagation requires sophisti- 
cated transmission techniques to overcome it. Channel 
characterisation in the time-delay/Doppler domain, as 
described by Bajwa and Parsons 8 , is likely to enable a 
clearer distinction to be obtained between these two 
types of loss. With an excess path loss of 25 dB 
(representing a severe case: mobile receiver in the 
urban environment) the transmitter power requirement 
for the geostationary satellite becomes (25 + 5.8) dBW 
or 1200 W. 

Estimating the excess path loss for the Molniya 
satellite system is difficult as little published work is 
available for high incidence radiation. Mobile receivers 
will generally have a clear line-of-sight and multipath 
propagation is therefore unlikely to cause many 
problems. Based on experimental work by Guilbeau in 
Paris 5 a link margin of between 5 dB and 10 dB 
should be sufficient. 

Portable receivers present a more difficult 
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problem. The antenna gain may be relatively low and 
the attenuation of the signal caused by buildings is 
more difficult to estimate as available experimental 
data has only been obtained from geostationary 
satellites and terrestrial transmissions. Various possi- 
bilities exist for the antenna design, from a collecting 
plate built into the top of the receiver to a printed 
circuit type of yagi antenna formed onto the back of 
the receiver. Development will undoubtedly lead to 
the evolution of further ideas and gains of about 6 dB 
should be achievable. The receiver can also be 
favourably positioned, unlike the mobile receiver. 

Building penetration loss has been found by 
experimenters to be virtually independent of elevation 
angle for single family dwellings 7 . Multistorey build- 
ings, however, clearly present more of a problem. 
They are likely to benefit from reflections and 
scattering from adjacent buildings but more experi- 
mental work is needed to determine accurate figures 
for building penetration loss at high incidence angles. 
With the absence of such figures data given earlier on 
these losses could be used to estimate the typical 
excess path loss for the Molniya satellite, giving a 
figure of about 20 dB (being the worst case of a 
portable receiver inside a multistory building). This 
figure gives a transmitter power requirement for the 
Molniya satellite of (20 + 2.8) dBW or 190 W. 

This transmitter power requirement of 190 W 
compares very favourably with the 1200 W required 
by the geostationary satellite. This is especially so 
because the figure for the Molniya orbit is due to 
multistorey building attenuation and could be improved 
by suitable positioning of the receiver or improved 
antenna design. That for the geostationary orbit is 
based on multipath propagation problems encountered 
by mobile receivers and is much more difficult to 
overcome. 



6. MOBILE RECEPTION 

Mobile reception of relatively high bit rate 
digital signals is a new venture. Published experimental 
data on the subject is scarce. Available information 
concentrates on mobile reception of low bit rate data 
and 'telephone quality' voice transmission with bit 
rates between 1.2 and 25 kbit/s. Evidence from 
experimenters suggests that there are many unresolved 
problems encountered in mobile transmission, with 
effective modulation techniques, such as spread 
spectrum likely to be inefficient in the use- of the 
available spectrum. 

Radio propagation to mobile receivers, parti- 
cularly in urban areas, is usually dominated by highly 
dispersive multipath propagation caused by reflections 



and scattering from buildings and terrain. These 
reflections set up an interference pattern giving rise to 
substantial variations in signal amplitude and phase, 
over distances of a fraction of a wavelength. When the 
mobile receiver moves in such a region the received 
signal is subject to fast amplitude and phase 
fluctuations which may approximate to Rayleigh 
fading. This means that a CW transmission would be 
received as a band of noise having a Gaussian 
amplitude distribution and a Rayleigh envelope 
distribution. The bandwidth of this noise, referred to 
as the 'fading bandwidth' or Doppler power spectrum, 
is given by 

B d = 2vf/c 

where v is the vehicle velocity, / the operating 
frequency and c is the velocity of light, e.g. when 
/= 1 GHz and v = 26.6 m/s (60 m.p.h.) this power 
bandwidth is about 180 Hz. 

Fades in excess of 30 dB are common with 
fading rates up to about the value of the Doppler 
power spectrum, (i.e. twice the Doppler frequency 
shift) in digital radio systems these phenomena cause 
errors which cannot always be countered with an 
increase in transmission power. The variation in 
carrier phase hinders coherent detection of signals, 
favouring differential detection. When the delay time 
of a multipath component is comparable to or exceeds 
the bit period, then data-dependent intersymbol inter- 
ference (ISI) will be produced, causing further errors. 
Both these mechanisms lead to an irreducible error 
rate, though for different reasons. These effects are 
illustrated in Fig. 2 and show how the bit-error ratio 
(BER) is affected by E b /N Q for three different cases: 

a) typical static performance of PSK, 

b) Rayleigh envelope fading only, 

c) Rayleigh fading with irreducible error rate 
produced by random phase modulation or 
time-delay spread. 

Note that when Eb/N is large, the error rate 
for case A (non-fading) is inversely proportional to 
exp (Eb/No) and for Rayleigh fading, case B, inversely 
proportional to just Eb/N . 

When random phase is responsible for the 
irreducible error rate the situation is worsened by an 
increase in vehicle speed or an increase in the data 
rate or operating frequency. This irreducible error ratio 
for DPSK has been formulated by Voelcker 9 and 
described in more detail by Bateman and McGeehan 10 
and given by 



e(PM) 



0.5 (1 - J (2tt / d // s )) 
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where f s is the signalling bit rate and /d is the Doppler 
frequency. For FSK the error ratio is given by Jakes 11 
and is 



e(FM) 



= 0.5 (1 -Ry/2(l+2R 2 )- 1A ) 



where R = / m //d and f m is the peak deviation of the 
FSK system and/ d is again the Doppler frequency. 

Calculations assuming a speed of 26.6 m/s 
(60 m.p.h.) and an operating frequency of 1 GHz 
show that to reduce this irreducible error ratio to 
better than 10~ 3 , the bit rate for FSK must be greater 
than 1.1 kbit/s and for DPSK greater than 15 kbit/s. 
It is clear from these figures that FSK has a clear 
advantage over DPSK when used in these conditions. 
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Fig. 2 - Bit-error rates for PSK. 

a) Static performance 

b) Rayleigh envelope fading 

c) Rayleigh fading - envelope and phase 



symbol period, and not on the actual distribution of 
path delays. A typical power/delay profile is shown in 
Fig. 3 (in practice the profile would be much more 
ragged). 



CD 
T3 



C 
S) 

-a 



o 



-10 - 



-20 - 




4 6 

excess delay, /xs 
Fig. 3 - Typical power /delay profile. 

Associated with this power/delay profile is the 
coherence bandwidth (B c ) of the mobile transmission 
channel. This is the maximum frequency separation 
for which two sinusoids are still strongly correlated 
(the correlation coefficient between these two sinusoids 
is normally taken as 0.5). Thus two sinusoids with 
frequency separation greater than the coherence 
bandwidth will be affected differently by the channel. 
When an information-bearing signal having a band- 
width greater than the coherence bandwidth is 
transmitted through the channel, the channel is said to 
be frequency-selective. The signal will be distorted, the 
extent dependent on the amount by which the signal 
bandwidth exceeds the coherence bandwidth. When 
the coherence bandwidth is greater than the signal 
bandwidth then the channel is frequency non-selective 
and the BER corresponds to Rayleigh envelope fading 
only, assuming that the baud rate is high enough for 
random FM not to cause errors. The delay spread (r) 
and the coherence bandwidth are clearly inter-related 
and for the above definition of coherence bandwidth 
an approximate relationship is given by 11 



Time-delay spread caused by multipath propa- 
gation to a mobile receiver can have an even more 
serious effect on digital modulation than random FM. 
This time-delay spread (defined as the standard 
deviation of the delays introduced by different 
transmission paths) introduces data-dependent ISI, 
and, like random FM, places a lower limit on 
achievable bit-error ratio. It has been found, by 
simulation of the mobile fading channel 11 that the 
irreducible error rate due to time-delay spread is 
dependent only on the ratio of this delay spread to 



B c 



1/2 



The multipath intensity profile and coherence 
bandwidth are clearly two important parameters to 
identify potential characteristics of a 'mobile' trans- 
mission path. Relating BER to delay spread, vehicle 
speed, and bit rate, is very important, yet most 
published data is only for computer or hardware 
simulation of frequency selective 'mobile' channels. It 
is easy to see why, when field trials are so costly and 
time consuming. 
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Arnold and Bodtmann 12,13 have conducted 
experiments on binary FSK with discriminator detec- 
tion using a multi-channel hardware simulator for 
frequency selective mobile radio paths. The simulated 
vehicle velocity was continuously variable between 2.6 
and 26.6 m/s. Their results clearly show the depend- 
ence of the irreducible BER depended on the ratio 
t/T, where r is the delay spread and T the symbol 
period. For an irreducible BER of 10~ 3 this ratio was 
found to be 0.065 which for a delay spread of 2.6 fis 
(typical of an urban environment) gives a maximum 
baud rate of only 25 kbaud/s. 

Computer simulated results obtained by Wu 
and Pommier 14 for coherent detection of PSK show 
that for an irreducible BER of 10~ 3 the maximum 
baud rate is 77 kbit/s for the same delay spread as 
before. This result does seem optimistic since coherent 
detection of PSK may not be as effective for mobile 
transmission as theory would indicate (i.e. the 
advantage of PSK over DPSK and FSK, based on 
performance over an additive white gaussian noise 
(AWGN) channel, does not hold for a frequency- 
selective mobile fading channel) 15 ' 16 . Calculations 
by Bajwa and Parsons 17 , based on research by Bello 
and Nelin 18 , give a maximum rate of about 
19 kbaud for DPSK for the same conditions. This 
work also showed that DPSK is better than FSK by 
3 dB for a flat-fading channel but it became worse 
than FSK as the channel became increasingly 
frequency selective. In general they found that FSK 
was less sensitive to the effects of frequency-selective 
fading than DPSK. 

Three immediate conclusions can be drawn 
from the above: 

1. performance criteria of modulation 
methods based on their tolerance to white 
gaussian noise does not necessarily give an 
indication of their likely performance in 
combating multipath propagation over 
mobile transmission channels, 

2. there is a lower and an upper limit to the 
bit rate that can be transmitted over the 
mobile transmission path without incurring 
severe penalties in terms of excess path 
loss and high BER. The upper limit falls 
far short of the bit rates and error rates 
necessary for a direct radio broadcasting 
satellite system, 

and 3. accurate information must be obtained on 
transmission path characteristics so that a 
system can be designed to work in the 
worst-case coverage areas. 



7. TRANSMISSION CHANNEL CHARACTER- 
ISATION AND MEASUREMENTS 

This section presents information on experi- 
ments that have been designed to measure pertinent 
transmission characteristics of the mobile communica- 
tions channel. These include time-delay/Doppler shift 
measurements which, when presented in the form of 
scattering functions, can give a clear physical insight 
into the mechanisms of multipath propagation 8 , and 
excess path loss measurements, which are needed to 
provide accurate link-margin calculations. 

7.1 Channel characterisation 

The problem of channel characterisation is 
particularly difficult because of the grossly non- 
stationary nature of multipath propagation in urban 
areas. 

For example, extensive work by Bajwa and 
Parsons 17, 8 has led to a tapped delay-line model for 
the channel and shown that effective characterisation 
can be obtained by using a channel sounder to obtain 
the impulse response. Their channel sounding 
technique, used in Birmingham to explore urban and 
suburban land mobile radio propagation, is directly 
relevant to low elevation geostationary satellite 
propagation and should give an indication of likely 
propagation characteristics. 

Bajwa and Parsons' results showed that the 
delay spread (defined as the standard deviation of the 
multipath delay profile) was, for suburban areas, 
typically 0.8 /is and for urban areas 2.6 /is. This latter 
figure coincides with measurements of delay spreads 
encountered in an urban environment undertaken by 
Cox and Leek 19 . 

7.2 Excess path loss measurements 

Several experiments have been conducted to 
obtain effective excess path loss measurements and 
have included the following: 

a) a balloon experiment to simulate land mobile 
satellite transmission in rural areas by Vogel 
and Torrence 20 . One typical route through a 
pine forest (where the elevation angle was 
about 19 degrees) produced peak-to-peak varia- 
tions of approximately 25 dB. 

b) in France, an experiment undertaken by Tele- 
diffusion de France 5 was conducted to simulate 
satellite transmission by installing a transmitter 
at the top of the Eiffel tower. 

The results from this study revealed the 
following overall variations in signal strength 
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between locations having a direct line-of-sight 

and those locations having obstructed visibility 
of the transmitter when measurements were 
taken: 

(i) at fixed points 23 dB 

(ii) on the move 24 dB 

(iii) with frequency modulation 22 dB 

When the received field strength figures were 
expressed relative to the theoretical free-space 
signal level the figures for 90% coverage were: 

(i) at fixed point —7 dB 

(ii) on the move — 18 dB 

(iii) with frequency modulation — 19 dB 

c) a comprehensive study of excess path loss to 

land mobile receivers in the USA has been 
carried out by Hess 4 using the ATS-6 satellite. 
His results enable excess path loss to be 
estimated for different environments, satellite 
elevations, operating frequency etc. and broadly 
agree with results produced by Guilbeau in 
Paris (his excess path loss for the urban 
environment however is higher by some 6 dB). 

Findings of the tests showed the following 
points: 

(i) excess path loss was typically 25 dB in 
urban environments, peaking to 30 dB in 
the worst cases. When line-of-sight 
conditions prevailed, such as in 
suburban areas, this loss decreased to 
under 10 dB, 

(ii) increasing the link frequency from 
860 MHz to 1 550 MHz increased the 
loss by only 1.5 dB, 

(iii) elevation angles did not significantly 
affect the results (measurements were 
made with elevation angles varying 
between 19° and 43°), 

(iv) simulated spaced-antenna selection diver- 
sity was found to produce a net gain of 
only 4 dB (0.737 wavelength spacing), 

(v) when fades did occur they were geaerally 
quite long — pointing to shadowing loss 
being responsible as well as multipath 
cancellation. 

(d) building attenuation measurements of houses 
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have been made by Wells in the USA using 
the same ATS-6 satellite 6 . This form of loss, 
due to absorption and scattering of signals by 
walls, ceilings, roofs, etc., is the major factor in 
determining the excess path loss for portable 
receivers used indoors (a portable receiver can 
easily be moved if it is affected by multipath 
cancellation). Wells presented his results as 
functions of transmission frequency, type of 
construction, proximity of a room to outside 
walls, etc., and found the penetration loss for 
an inside room of a typical single family 
dwelling to be less than 12 dB at 1 GHz for 
90% of houses, and virtually independent of 
satellite elevation angle. Foliage shadowing 
could increase this loss by 12 to 15 dB and 
foil-backed wall insulation by a further 17 dB. 
Ground floor building penetration loss for 
multistorey apartment blocks and office build- 
ings constructed of steel, concrete, and stone 
have also been estimated by Miller 7 who used 
terrestrial data for his calculations. He found 
that the attenuation loss was less than 19 dB 
for 90% of this type of building. 

For a geostationary satellite system, shadowing 
losses and multipath cancellation losses experienced by 
mobile receivers are larger and present a more 
intractable problem than the building attenuation loss 
suffered by personal portable receivers. Hence shadow- 
ing and multipath propagation are the determining 
factors in the calculation of excess path loss. For the 
Molniya satellite system, however, building attenuation 
experienced by portable receivers would appear to be 
the determining factor in calculating excess path loss. 
Unfortunately the building attenuation figures given 
above relate to the geostationary orbit and although 
used for the link margin calculations in Section 5 give 
only a guide to the likely attenuation loss of high 
elevation signals. 

The results of these experiments, whilst giving 
a very useful indication of the likely excess path losses 
needed for the link margin calculations given earlier in 
Section 5, are still incomplete. In particular building 
attenuation loss figures for near-overhead transmissions 
are needed and a far greater distinction needs to be 
made between shadowing loss and multipath cancella- 
tion loss. Attenuation and shadowing loss can be 
countered by an increase in transmitter power (or 
possibly receiving antenna gain) but loss due to 
multipath cancellation cannot. The delays inherent in 
the transmission path produce ISI which limits the 
maximum bit rate for a given BER and as pointed out 
in the last section, with the delays likely to be 
encountered in urban environments, this bit rate falls 
far short of the rate needed to transmit a digitally 
encoded stereo signal. 



8. COUNTERMEASURES TO MULTIPATH 
PROPAGATION 

Section 6 on mobile reception gave details of 
how a digital transmission system is affected by 
multipath propagation. Errors produced by Rayleigh 
envelope fading are increased at low bit rates by 
random FM causing carrier uncertainty and at high bit 
rates by delay spread producing ISI in the detection 
process. 

Both these factors produce a floor on the error 
rate which cannot be lowered by increasing the 
transmitter power. The effect of ISI, produced by 
delayed versions of the transmitted signal, is the chief 
barrier to high bit rate transmission to mobile 
receivers. Calculations show that the maximum 
symbol rate for an irreducible BER of 10" is only 
about 30 kbaud when the delay spread is 2.6 /is. 

However, when a direct line-of-sight component 
is present the situation is considerably improved. For 
example when the line-of-sight signal is only 5 dB 
above the r.m.s. sum of the multipath components, a 
reduction in C/N of approximately 18 dB is obtained 
for a BER of 10~ 3 and the irreducible BER is reduced 
by nearly a decade. A Molniya satellite system will 
produce a strong line-of-sight signal and in consequence 
multipath reception would be much less of a problem. 
Countermeasures to multipath propagation are there- 
fore most relevant to geostationary satellite systems. 
There are many different countermeasures reported in 
the literature encompassing 

(1) diversity techniques; 

(a) frequency diversity, 

(b) time diversity, 

(c) space diversity, 

(d) packet diversity, 

(2) forward error control coding, 

(3) adaptive channel equalisation, 

and (4) spread spectrum. 

Details of these techniques are discussed in 
detail in the Appendix, and their use is discussed in 
the next section. 



9. DISCUSSION 

Direct satellite broadcasting of high quality 
stereo sound signals to fixed, portable, and mobile 
receivers using digital coding presents many new and 



some still unresolved problems. Link margin calcula- 
tions given in Section 5 show that a satellite system is 
feasible and that digital modulation (with its potential 
for higher quality audio transmission and far greater 
flexibility) is at no disadvantage when compared with 
FM. 

The bit rate needed to code each audio signal 
has yet to be established as it is dependent on the 
successful development of bit-rate reduction techniques 
outlined in Section 4. It is likely, however, that coding 
techniques will be developed such that a bit rate as 
low as 250 kbit/s will be sufficient for a high quality 
stereo signal, with forward error control coding adding 
substantially to this figure. The complete system is 
likely to have sixteen separate sound channels and 
require a transmission bandwidth of at least 4 MHz, 
with an overall minimum band allocation for DRBS 
of about 30 MHz, if a lattice of hexagonal service 
areas having a seven-cell repeat structure is assumed. 
For practical national beams more than 7 frequencies 
will be needed (perhaps by as much as a factor of 3). 
The spectral allocation for the satellite transmissions 
was discussed at the World Administrative Radio 
Conference (WARC) in 1988, and referred to a future 
competent Conference to allocate a band in the range 
0.5 to 3 GHz. It is important that the proposed system 
bandwidth is not excessive. 

The transmission path to mobile receivers is 
the fundamental problem, particularly in urban areas 
where highly dispersive multipath propagation is 
caused by reflections and scattering from buildings and 
terrain. These reflections set up an interference pattern 
giving rise to substantial variations in signal amplitudes 
and phase over distances as short as a fraction of a 
wavelengh. As the mobile receiver moves through this 
interference pattern its received signal is subjected to 
fast amplitude and phase fluctuations which approxi- 
mate to Rayleigh fading. Without countermeasures the 
effect of this multipath propagation is to produce 
unacceptably high error rates. When the differential 
delay time of a multipath component is comparable 
to, or exceeds the symbol period, it produces data- 
dependent intersymbol interference with resultant error 
rates that cannot be reduced by increasing transmission 
power. This irreducible BER is dependent on the ratio 
of the delay spread to the symbol period and is shown 
in Fig. 2(c). Typical delay spreads for urban areas are 
likely to be of the order of 2.6 /xs and put a limit on 
the maximum baud rate of about 30 kbaud (for an 
irreducible BER of 10~ 3 ). 

The first point of discussion must concern the 
choice of satellite system as the result of this choice 
determines the subsequent set of problems. This choice 
lies between a geostationary satellite and a Molniya 
satellite system. The latter satellite has a highly 
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elliptical orbit with an apogee situated above the same 
geographical area for about 8 hours out of alternate 
12- hour orbits, with three such satellites needed for 
continuous service. Because the Molniya satellite is 
nearly overhead during its transmission period it is 
likely to produce a good line-of-sight signal at most 
locations. Moreover, the mobile receiver can have a 
more directional antenna, improving matters still 
further such that multipath propagation is less of a 
problem, with errors easily controlled using forward 
error control coding. The excess margin for mobile 
receivers therefore needs only to be between 5 dB and 
10 dB and channel selectivity is less likely to be a 
pro~blem. 

A somewhat unknown factor with the Molniya 
satellite is the building penetration loss associated with 
high incidence reception. Although data is only 
available for geostationary and terrestrial transmissions, 
experimenters have found that due to reflections and 
scattering from adjacent buildings, building penetration 
loss does tend to be independent of the elevation 
angle of the signal source, and is probably not likely 
to be too serious a problem. Based on these 
assumptions, link margin calculations for the Molniya 
satellite show the transmitter power requirement for 
UK coverage to be about 190 W for each stereo 
sound channel. 

The Molniya satellite system therefore would 
be capable of providing high bit rate digital 
transmission without the need for complexity in the 
receiving system. The disadvantages of such a system 
lie in the obvious need for three satellites (because of 
the relative geographical locations a satellite system for 
the UK might be shared with Japan without too much 
loss of performance), and the need for a more 
complex satellite antenna system to compensate for the 
movement of the satellite during its transmission 
period. 

If a geostationary satellite system is used then 
problems caused by multipath propagation to mobile 
receivers will be serious and involve complex 
countermeasures to reduce intersymbol interference. 
Multipath cancellation loss, shadowing by trees, 
terrain, and buildings will also require large link 
margins. Of the many ways of combating these 
problems, both frequency diversity and spread- 
spectrum techniques are likely to be effective, (spread- 
spectrum techniques have already proved to be an 
excellent solution to mobile multiple-access systems). 
These methods, however, involve considerable com- 
plexity in the receiving system and are very inefficient 
in the use of spectrum space and may therefore not be 
appropriate for DRBS. 

The following methods of combating multipath 



propagation use bandwidth more efficiently and thus 
offer most promise: 

(a) packet diversity, 

(b) space diversity, 

(c) adaptive channel equalisation, 

(d) forward error control coding. 

Link margin calculations for a geostationary 
satellite show that transmitter power requirement for 
UK coverage could be of the order of 1200 W for 
each stereo sound channel, considerably higher than 
that required by the Molniya satellite system. Clearly 
such a choice would also involve considerable 
complexity and development of new technology for 
the complete transmission system. 



10. CONCLUSIONS AND 
RECOMMENDATIONS 

Link margin calculations show that direct radio 
broadcasting by satellite is possible, with the choice of 
satellite clearly in favour of the Molniya satellite 
system. The transmitter power requirement for each 
stereo audio channel using simple coding and 
modulation techniques would be about 190 W as 
opposed to the 1200 W required by a geostationary 
satellite. Multipath propagation is unlikely to be a 
serious problem with a Molniya satellite system and 
therefore the transmission system could be kept 
relatively simple using modest forward error control 
coding to reduce the effects of errors. However, there 
is some scope to further reduce transmitter power with 
a greater amount of error coding, but consequent 
increase in occupied bandwidth. 

The Molniya satellite system does require three 
satellites to provide 24-hour coverage, but the launch 
energy is only about half that required to place a 
geostationary satellite in orbit, and the capital cost 
(which is directly related to transmitter power) is less. 
There is also the possibility of sharing a Molniya 
satellite system with Japan, which would further 
reduce costs. The system that finally evolves could also 
be used by developing countries in low latitude 
regions using a geostationary satellite. 

The choice of a geostationary satellite for 
broadcasting would require complex countermeasures 
to combat the effects of multipath propagation in 
mobile reception. Techniques such as packet and space 
diversity, adaptive channel equalisation and complex 
forward error control coding systems would need 
extensive development and testing before a final 
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. system evolved. This complexity would also be shared 
by the receiver. The likelihood of higher redundancy 
in the coding system would also lead to a higher 
bandwidth requirement. 

This Report has highlighted the following areas 
where further work is needed: 

(1) channel characterisation and measurement, 

(2) channel simulation, 

(3) adaptive equalisation, 

(4) coding, 

(5) modulation, 

(6) satellite systems in different orbits. 

All these areas need further study with 
particular emphasis on the specific problem of DRBS. 
There has been significant study of related problems 
and these have led to a conclusion that DRBS is 
feasible. It is now a question of identifying the special 
factors of DRBS and using this information to identify 
the optimum combination of coding, modulation and 
equalisation to cope with the observed propagation 
characteristics of the channel, which will in turn 
depend on the type of satellite orbit selected. 

Since the completion of the main body of this 
Report, there have been significant advances in the 
COFDM system developed by CCETT in France and 
reported in Section 1.4 of the Appendix. These were 
demonstrated by the EBU in Geneva in September 
1988 51 . It is clear from this work that it is possible to 
implement a system which employs some of the fade 
countermeasures indicated and which can considerably 
reduce the margins required to avoid problems of 
multipath propagation. This will lead to lower powers 
being needed on board the satellite compared with 
those reported here. Studies of this system are still 
continuing to optimise the coding and modulation 
systems. This will ensure efficient planning of a 
broadcast service can be carried out. 



11. REFERENCES 

1. STOTT, J.H. 1985. Satellite sound broadcasting 
to fixed, portable and mobile radio receivers. 
BBC Research Department Report No. BBC RD 
1985/19. 

2. THEILE, G, LINK, M. and STOLL, G. 1987. 
Low bit-rate coding of high quality audio signals. 
82nd Convention of the Audio Engineering 
Society, London, March 1987. Preprint 2432. 



3. GILCHRIST, N.H.C. 1982. Digital audio impair- 
ments and measurements. In: Digital Audio. 
Published: Audio Engineering Society, New 
York (Edited B. Blesser, B. Locanthi and 

P.G. Stockham Jnr). 

4. HESS, G.C. 1980. Land-mobile satellite excess 
path loss measurements. IEEE Trans. Veh. 
Technol, Vol.VT-29, No.2, May 1980, pp 
290-297. 

5. GUILBEAU, F. 1979. Satellite sound broadcast- 
ing on frequencies of about 1 GHz. Simulation 
of transmission and urban reception. EBU Rev. 
(Tech.), No. 176, August 1979, pp 174-178. 

6. WELLS, P.I. 1977. The attenuation of UHF 
radio signals by houses. IEEE Trans. Veh. 
Technol, Vol.VT-26, No.4, November 1977, 
pp 358-362. 

7. MILLER, J.E. 1985. Satellite sound broadcasting 
around 1 GHz. IEEE Sel. Areas Commun., 
Vol.SAC-3, No.l, January 1985, pp 204-210. 

8. PARSONS, J.D. and BAJWA, A.S. 1982. 
Wideband characterisation of fading mobile 
radio channels. IEE Proc, Vol.129, Pt.F, No. 2, 
April 1982, pp 95-101. 

9. VOELCKER, H.B. 1960. Phase-shift keying in 
fading channels. Proc. IEEE, Vol.107, Pt. B, 
No.31, January, 1960, p 31-38. 

10. BATEMAN, A.J. and McGEEHAN, J.P. 1984. 
Data transmission over UHF fading mobile radio 
channels. IEE Proc, Vol.131, Pt.F, No.4, July 
1984, pp 364-374. 

11. JAKES, W.C.(Ed) et al. 1974. Microwave 
mobile communications. Published: John Wiley, 
1974. 

12. ARNOLD, H.W. and BODTMANN, W.F. 
1983. The performance of FSK in frequency- 
selective Rayleigh fading. IEEE Trans. Commun., 
Vol.COM-31, No.4, April 1983, pp 568-572. 

13. ARNOLD, H.W. and BODTMANN, W.F. 
1983. A hybrid multichannel hardware simulator 
for frequency-selective mobile radio paths. IEEE 
Trans. Commun., Vol.COM-31, No.3, March 
1983, pp 370-377. 

14. WU, Y. and POMMIER, D. 1986. Interleaving 
or spectrum spreading in digital radio intended 
for vehicles. EBU Rev. (Tech.), No.2 17, June 
1986, pp 128-142. 



(RA-251) 



11 



15. HERMAN, R. 1970. Digital speech transmission 
at VHF with mobile terminals. Conference on 
Signal Processing Methods for Radio Telephony. 
Published IEE: Conference Publication No.64, 
1970, pp 80-85. 

16. CLARKE, A.P. 1985. Digital modems for land 
mobile radio. IEE Proc, Vol.132, Pt.F, No.5, 
August 1985, pp 348-362. 

17. BAJWA, A.S. and PARSONS, J.D. 1982. 
Small-area characterisation of UHF urban and 
suburban mobile radio propagation. IEE Proc, 
Vol.129, Pt.F, No.2, April 1982, pp 102-109. 

18. BELLO, P.A. and NELIN, B.D. 1963. The effect 
of frequency selective fading on the binary error 
probabilities of incoherent and differentially 
coherent matched filter receivers. IEEE Trans. 
Commun. Syst., Vol. CS-11, June 1963, 
pp 170-186. 

19. COX, D.C. and LECK, R.P. 1975. Correlation 
bandwidth and delay spread multipath propaga- 
tion statistics for 910 MHz urban mobile radio 
channel. IEEE Trans. Commun., Vol.COM-23, 
No.ll, November 1975, pp 1271-1280. 

20. VOGEL, W.J. and TORRENCE, G.W. A 
balloon experiment simulating land mobile satel- 
lite transmissions (unpublished). URSI Meet., 
Boulder, Col. 

21. SCHWARTZ, M., BENNETT, W.R. and 
STEIN, S. 1966. Communication Systems and 
Techniques. Published: McGraw-Hill, 1966, 
Chapter 10. 

22. PROAKIS, J.G. 1983. Digital Communications. 
Published: McGraw-Hill, 1983. 



26. HIROSAKI, B., HASEGAWA, S. and 
SABATO, A. 1986. Advanced groupband data 
modem using orthogonally multiplexed QAM 
technique. IEEE Trans. Commun., Vol.COM-34, 
No. 6, June 1986, pp 587-592. 

27. BHARGAVA, V.K. and AVNI, M. 1983. Net 
coding gain of some rate 1/2 block codes. IEE 
Proc, Vol.130, Pt.F, No.4, June 1983, pp 
325-330. 

28. FARRELL, P.G. and GOODMAN, R.M.F. 
1980. Soft-decision error control for hf data 
transmission. IEE Proc, Vol.127, Pt.F, No.5, 
October 1980, pp 389-400. 

29. BHARGAVA, V.K. 1981. Digital communica- 
tions by satellite: modulation, multiple access and 
coding. Published: John Wiley, 1981, p 526. 

30. PIEPER, J.F., PROAKIS, J.G, REED, R.R. 
and WOLF, J.K. 1978. Design of efficient 
coding and modulation for a Rayleigh fading 
channel. IEEE Trans. Inf. Theory., Vol.IT-24, 
No.4, July 1978, pp 457-468. 

31. FARRELL, P.G. 1982. Influence of LSI and 
VLSI technology on the design of error- 
correction coding systems. IEE Proc, Vol.129, 
Pt.F, No.5, October 1982, pp 323-326. 

32. BLAHUT, R.E. 1979. Transform techniques for 
error control codes. IBM J. Res. Dev., Vol.23, 
No.3, May 1979, pp 299-315. 

33. MURAKAMI, H., REED, I.S. and WELCH, L.R. 
1977. A transform decoder for Reed-Solomon 
codes in multiple-user communication systems. 
IEEE Trans. Inf. Theory., Vol.IT-23, No.6, 
November 1977, pp 675-683. 



23. WONG, W.C, STEELE, R, GLANCE, B. and 
HORN, D. 1983. Time diversity with adaptive 
error detection to combat Rayleigh fading in 
digital mobile radio. IEEE Trans. Commun., 
Vol.COM-31, No.3, March 1983, pp 378-387. 

24. BLACK, D.M, KOPEL, P.S. and NOVY, R.J. 
1966. An experimental UHF dual diversity 
receiver using a predetection combining system. 
IEEE Trans. Veh. Comm., Vol.VC-15, No.2, 
October 1966, pp 41-47. 

25. CUTLER, C.C., KOMPFNER, R. and 
TILLOTSON, L.C. 1963. A self-steering array 
repeater. Bell System Tech. 1, Vol.42, No.5, 
September 1963, pp 2013-2032. 



34. CLARK, G.C. and CAIN, J.B. 1981. Error 
correction coding for digital communications. 
Published: Plenum Press, 1981, Chapter 1. 

35. FALCONER, D.D. and LJUNG, L. 1978. 
Application of fast Kalman estimation to adaptive 
equalization. IEEE Trans. Commun., Vol.COM- 
26, No.10, October 1978, pp 1439-1446. 

36. QURESHI, S.U.H. 1985. Adaptive equalisation. 
Proc. IEEE., Vol.73, No.9, September 1985, 
pp 1349-1387. 

37. STEIN, S. 1987. Fading channel issues in system 
engineering. IEEE Sel. Areas Commun., 
Vol.SAC-5, No.2, February 1987, pp 68-89. 



(RA-251) 



12- 



38. SHAFI, M. and MOORE, D.J. 1986. Further 
results on adaptive equalizer improvements for 
16 QAM and 64 QAM digital radio. IEEE 
Trans. Commun., Vol.COM-34, No.l, January 
1986, pp 59-66. 

39. KAVEHRAD, M. 1983. Adaptive decision 
feedback cancellation of intersymbol interference 
over multipath fading radio channels. IEEE 
International Conference on Communications: 
Integrating Communications for World Progress, 
19-22 June 1983. Vol.2, June 1983, pp 869-871. 
Published: IEEE, New York, 1983. 

40. MORGAN, D.R. 1978. Adaptive multipath 
cancellation for digital data communications. 
IEEE Trans. Commun., Vol.COM-26, No.9, 
September 1978, pp 1380-1390. 

41. FENDERSON, G.L., SHEPARD, S.R. and 
SKINNER, MA. 1983. Adaptive transversal 
equaliser for 90-Mb/s 16-QAM systems in the 
presence of multipath propagation. IEEE Inter- 
national Conference on Communications: Integrat- 
ing Communications for World Progress, 19-22 
June 1983. Vol.2., pp 876-881. Published: IEEE, 
New York, 1983. 

42. JOINDOT, M., LECLERT, A., OUDART, J., 
ROLLAND, C. and VANDAMME, P. 1981. 
Baseband adaptive equalization for a 16-QAM 
system in the presence of multipath propagation. 
IEEE International Conference on Communica- 
tions, 14-18 June 1981, Vol.1, pp 13.3.1-6. 
Published: IEEE, New York, 1981. 

43. MONSEN, P. 1977. Theoretical and measured 
performance of a DFE modem on a fading 
multipath channel. IEEE Trans. Commun., 
Vol.COM-25, No. 10, October 1977, pp 1144- 
1153. 

44. MURASE, T., MORITA, K. and KOMAKI, S. 
1981. 200-Mb/s 16-QAM digital radio system 
with new countermeasure techniques for multi- 



path fading. IEEE International Conference on 
Communications, 14-18 June 1981, Vol.3, pp 
46.1.1-5. Published: IEEE, New York, 1981. 

45. EHRMAN, L. and MONSEN, P. 1977. Tropo- 
scatter test results for a high-speed decision- 
feedback equaliser modem. IEEE Trans. 
Commun., Voi.COM-25, No. 12, December 1977, 
pp 1499-1504. 

46. KOCHEVAR, H.J. 1977. Spread spectrum 
multiple access communications experiment 
through a satellite. IEEE Trans. Commun., 
Vol.COM-25, No.8, August 1977, pp 853-856. 

47. PURSLEY, M.B. 1977. Performance evaluation 
for phase-coded spread-spectrum multiple-access 
communication — Part I: System analysis. IEEE 
Trans. Commun., Vol.COM-25, No.8, August 
1977. pp 795-799. 

48. PURSLEY, M.B. and ROEFS, H.F.A. 1979. 
Numerical evaluation of correlation parameters 
for optimal phases of binary shift-register 
sequences. IEEE Trans. Commun., Vol.COM-27, 
No. 1 0, October 1 979, pp 1 597- 1 604. 

49. COOPER, G.R. and NETTLETON, R.W. 1978. 
A spread spectrum technique for high-capacity 
mobile communications. IEEE Trans. Veh. 
Technol, Vol.VT-27, No.4. November 1978. 
pp 264-275. 

50. PICKHOLTZ, R.L., SCHILLING, D.L. and 
MILSTEIN, L.B. 1982. Theory of spread 
spectrum communications — A tutorial. IEEE 
Trans. Commun., Vol.COM-30, No.5, May 
1982, pp 855-884. 

51. EBU. 1988. Advanced digital techniques for 
UHF satellite sound broadcasting. Collected 
papers on concepts for sound broadcasting in the 
21st Century. Published EBU Brussels. August 
1988. 



(RA-251) 



■13- 



APPENDIX 
Details of Countermeasures to Multipath Propagation 

This Appendix gives an overview of techniques available which can counter the effects of multipath 
propagation. It gives descriptions of the systems and the improvements which can be achieved using these 
techniques. 

A.1 Diversity Systems 

Of the many forms of diversity transmission, frequency, time, space and packet diversity would appear to 
be the most attractive for mobile reception. Both frequency and time diversity use extra bandwidth to counter the 
effects of multipath propagation with their effectiveness being roughly proportional to this extra use of bandwidth. 
Space and packet diversity, on the other hand, do not use extra bandwidth but are generally more complex and 
costly to implement, with packet diversity (also referred to as interleaving) less effective in countering multipath 
propagation than the previous methods. Frequency interleaving, however, does have the advantage of being able to 
reduce the frequency-selectivity of a transmission channel. 

A.1.1 Frequency diversity 

With this form of diversity the same information is transmitted over two or more channels, each separated 
by at least the coherence bandwidth of the channel so that the fading characteristics of the channels are 
independent. The outputs of each channel are then combined in some way so as to gain advantage over the 
uncorrelated fading exhibited by each channel. The simplest method is to select the channel producing the highest 
baseband S/N ratio (selection diversity). More impressive results are obtained, however, by first weighting each 
signal proportionately to its S/N ratio and then adding the signals coherently, i.e. the signals are co-phased before 
combining (maximal ratio combining). A slight simplification of this latter method is obtained by just having equal 
channel gains before summing the outputs coherently (equal gain combining). This latter method is only marginally 
interior to maximal ratio combining and is simpler to implement. 

The success of the diversity technique clearly depends on the degree to which the signals on the different 
diversity branches are uncorrelated (correlation coefficients as high as 0.7 can still yield a good improvement 11 ). 
Both the BER and the irreducible BER are reduced and Fig. A.l gives an idea of the likely improvement for 
different degrees of diversity when DPSK modulation is used 11, 21, 22 . The irreducible BER is also reduced by 
diversity. When delay spread produces an irreducible BER of 1CT 3 over a single transmission channel, dual 
diversity can reduce this figure to about 3.10 -6 and quadruple diversity to about 3.10 . 




5 10 15 20 25 30 35 
E b /N , dB 

Fig. A. 1 - Error rates with diversity combining (for DPSK). 
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A. 1.2 Time diversity 

With time diversity the same information is retransmitted after a delay of T seconds, where T is greater 
than the coherence time (T c ) of the channel (this is the maximum time difference in transmission of two sinusoids 
for which they are still highly correlated and is approximately equal to the reciprocal of the 'fading bandwidth' or 
Doppler power spectrum described in Section 6. T c is about 10 ms for a vehicle speed of 13 m/s (30 m.p.h.). and 
operating frequency of 1 GHz. The improvement in performance for a given diversity is similar to that outlined in 
the previous section for frequency diversity. One major disadvantage of this form of diversity, apart from the 
inherent decoding delay, is the dependence of the delay T on the vehicle speed i.e. since T is inversely proportional 
to vehicle velocity it becomes very large for low vehicle speeds. One method of countering this particular problem 
has been to develop an 'oscillating' receiving antenna to simulate vehicle movement when the vehicle speed falls 
below a specified level; this is described more fully in Section A.1.4 23 . 

A.1.3 Space diversify 

To achieve space diversity, two or more receiving antennas are suitably spaced so that individual signals are 
uncorrelated. For mobile receivers a spacing of only one-fifth wavelength will produce a useful improvement in 
performance, although a spacing of about one-half wavelength would be preferable 11 . Performance improvements 
using coherent combining of the random signals received from each array element are again similar to that possible 
with frequency diversity but without the need for additional spectrum). 

The complexity and cost of space diversity is clearly high, i.e. for equal-gain combining of an array the 
output of each element has to be separately amplified and its output phase adjusted so that signals from all the 
elements can be combined coherently. The combining is signal-dependent and contrasts sharply with that of a 
conventional directional array where the carriers are combined at a preset phase difference. Jakes 11 gives details of 
several coherent combiners including published work by Black et al 24 and Cutler et al 25 . The dimensions of 4- 
element and 9-element planar arrays suitable for a mobile receiver operating at 1 GHz are given in Fig. A.2. The 
close spacing of 0.4 wavelength between each quarter-wave vertical element reduces the diversity advantage of 
each array by less than 1.5 dB when compared with an array whose element spacing is large enough for mutual 
coupling effects and finite correlations between the received fading signals to be ignored 11 . 
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Fig. A.2 - Details of 4- and 9-element planar arrays. 

A.1.4 Packet diversity 

This form of diversity partitions the bit-stream into two or more 'packets' and then transmits each one via 
a different transmission channel to the receiver. Each channel can be spaced either in time or frequency (or a 
combination of both). When time separation is used the separation must be greater than the channel coherence 
time and when frequency packet diversity is used the packets are simultaneously transmitted over channels 
separated by at least the coherence bandwidth so that the fading characteristics of all the channels are independent. 

Packet diversity does not increase the average S/N ratio (unlike the diversity systems described so far), its 
advantage lies in the fact that one of a number of signals is better than none. If one packet is lost due to a deep 
fade there is a high probability that another packet will reach its destination and be used to reconstruct the missing 
data. This principle could be exploited, for instance, by transmitting the left signal of a stereo programme using one 
packet and the right signal using another packet and converting the receiver output to 'mono' whenever one packet 
was lost due to a deep fade. Frequency packet diversity has the additional advantage that because the symbol 
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period is longer In each diversity channel, the effects of ISI are reduced in proportion to the number of separate 
channels used. 

A time diversity system has been developed at the Bell Laboratories to transmit telephone quality digital 
speech signals over a 30 kHz mobile transmission channel 23 . In their system alternate data words are first formed 
into two data streams called 'odd' and 'even', the 'even' stream is delayed by T seconds, the two streams are then 
interleaved prior to transmission. At the receiver the 'odd' data stream is delayed by T seconds and then 
interleaved with the 'even' stream. If data is lost due to a deep fade then the effect of the reshuffling is to place 
words with bit errors in juxtaposition to words correctly received so that they can be reconstructed using adaptive 
interpolation. They found an empirical choice for T to be between half the average duration between fades and the 
average fade duration. Since T is inversely proportional to vehicle speed and tends to infinity as velocity falls to 
zero they chose a value of T of 6 ms as being suitable for vehicle speeds of 13 m/s. and above and designed an 
oscillating antenna which was used to simulate a vehicle speed of 13 m/s when the vehicle moved below this 
figure. By using this strategy the vehicle appears to the radio system to be moving and thus enabled convenient 
values of delay T to be used. It was also realised that the use of a predictor to track the fading envelope, instead of 
random switching, might have produced a better performance. The system proved most effective when the BER 
was high, showing gains of over 9 dB for a BER of 10~ 2 , however when the BER fell to 10~ 3 the gain was limited 
to 3 dB. 

A packet diversity system using frequency separation has been developed by CCETT in France to transmit 
high quality stereo audio signals using digital modulation 14 . In their system the bit stream for each sound channel 
is split up and transmitted simultaneously over 16 separate sub-channels, each one of which has a bandwidth of 
15.625 kHz and supports a symbol rate of 13.888 kbaud using QPSK. The sub-channels corresponding to a 
particular sound channel are equally spaced by 250 kHz and interleaved with sub-channels from 15 other sound 
programs across the total transmission bandwidth of about 4 MHz. 

The sixteen times increase in symbol period for each sub-channel considerably reduces channel selectivity, 
decreasing detection errors due to ISI, and effectively converting the channel to a non-selective Rayleigh envelope 
fading channel. Errors produced by Rayleigh fading are then reduced using a forward error-correcting convolution 
code and maximum likelihood decoding which reduces the E^/N requirement to 8 dB for a BER 'threshold' level 
of 1 0~ 3 (this is for a 2/3 code rate with a free distance of 6 assuming differential decoding). 

To reduce receiver complexity, a discrete Fourier transform (DFT) processor is used to demultiplex the 
wanted sound channel, based on a data modem design using orthogonally multiplexed QAM developed by 
Hirosaki et al 26 . This form of demultiplexer using a DFT processor is equivalent to coherent demodulation of the 
QPSK signals. Establishing a demodulating phase reference with fast fading is difficult and alternative forms of 
modulation such as DPSK or FSK might prove more effective for transmission to mobile receivers 18 . In his 
paper 26 Hirosaki makes the point that "orthogonally multiplexed QAM is sensitive to carrier or timing phase 
deviation". He uses matched filters in the form of double sampling equalisers (after the demultiplexer) to reduce 
these problems. 

The CCETT system is complex but likely to be an effective way to transmit high bit rate digital signals 
without the need for a greatly increased bandwidth. In fact if a code rate of 1/2 is used, the system should 
substantially out-perform a dual diversity system using the same bandwidth. 

A.2 Forward Error Control Coding 

Frequency and time diversity techniques can be viewed as a form of repetition block coding with the 
receiver combination techniques representing soft-decision decoding. A repetition code however is a trivial form of 
coding and not particularly efficient. 

A more efficient code should be able to provide a greater reduction in error rate. Block or convolutional 
codes have the potential to give a significant coding gain. That such coding can be more effective can be seen in 
Fig. A.3, where a Golay (25, 12) rate 1/2 block code is compared to dual diversity, both assuming FSK signals 
and involving the same degree of redundancy in the transmission process. The considerable advantage of soft- 
decision decoding over hard-decision coding can also be seen. (In general, coding gains on fading channels are 
higher than those obtained on Gaussian channels because of the less random nature of Rayleigh envelope fading.) 
The irreducible BER due to delay spread is also reduced by coding 27 . 
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Fig. A. 3 - Theoretical performance ofGolay (24, 12) coding 
and dual diversity. 

— ■ Binary FSK, Dual diversity 

Hard decision decoding 

Soft decision decoding 

With error correction decoding of a block code, errors can occur whenever the number of errors exceed 
half the minimum distance of the code, hence the effective order of diversity is proportional to the minimum 
distance of the code. Similar reasoning also applies to a convolutional code, with the effective order of diversity 
proportional to the minimum free distance (the distance of a code refers to the minimum number of bits that are 
different between code words). Fig. A.4 gives an indication of the achievable coding gain of a convolutional code 
(at a BER of 10~ 3 ) for a non-selective Rayleigh channel and a Gaussian channel with free code distances up to 10. 
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Fig. A.4 - Performance comparison of a convolutional code used 
over a non-selective Rayleigh channel and a Gaussian channel. 

A.2.1 Code interleaving 

Codes used on a Rayleigh fading channel need to be effective at correcting burst errors. The trend now is 
to use codes designed for correcting random errors and to space the associated bits of the code word sufficiently 
far apart so that they encounter independent fading. This is achieved by interleaving, which in its simplest form 
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uses a memory containing M rows and K columns, with a coded stream written into memory row by row and 
read out column by column. Successive bits of the coded stream then appear as every Kth bit of the transmission 
stream. The coded stream is restored at the receiver using a reversal of the above process. Codes can then be 
compared on their relative ability to detect and correct random errors. This technique has been found to be more 
effective than the alternative approach of using a burst-error correcting code which needs long error free intervals 
between error bursts (not always available) and a long constraint length to surround error bursts 28 . A possible 
penalty of the system is the large time delay introduced by the interleaving process but this would be relatively 
unimportant in a satellite system with a large inherent delay. 

A.2.2 Concatenated coding 

Additional coding gain and reduced decoding complexity can also be obtained by using a concatenated 
coding system 29 - 30 . With this system the bit-stream is first coded using an 'outer' code and then the output from 
this coder is applied to an 'inner' coder, which can use a block or convolutional code. The bit-stream is then 
transmitted to the receiver where a reverse process decodes first the inner code and then the outer code. Since 
failure of the inner decoder creates a burst of errors the outer code is usually a Reed-Solomon code because of its 
excellent burst-error correcting ability. 

With such a system larger coding gains are possible, with the resulting concatenated code having an overall 
minimum distance equal to the product of the inner and outer code minimum distances. Complexity (which grows 
exponential with block length) is also reduced since two smaller coders/decoders are used instead of one large 
coder/decoder. 

In his paper on "efficient coding for a Rayleigh fading channel", Pieper et al 30 gives an example of a 
Hadamard (20,5) inner code (minimum distance 10) with a Reed-Solomon (9,8) outer code (minimum distance 2) 
requiring about 4 dB less C/N ratio (at a BER of 10~ 5 ) than the Hadamard code used on its own, and for an 
increase in redundancy of only 12.5%. The minimum distance of the concatenated code was also twice that of just 
the Hadamard code. Whilst the inner code in this example is particularly extravagant it does give a clear 
illustration of the advantages of using concatenated coding. 

A.2.3 Transform coding 

This is an interesting application of the discrete Fourier transform with the prospect of faster decoding and 
transference of implementation complexity from decoder to encoder. 

The transform of a code word is a set of n (2 x -vaiued) 'spectral' components, m of which will be zero, 
corresponding to the m distinct roots of the code generator polynomial. Thus the words of the cyclic code are all 
those n-digit sequences whose transforms have the value zero in these prescribed places. If x = 1, as in the case of 
a Reed-Solomon, code then the inverse transforms of all n-valued spectral vectors with the prescribed m zero 
components will yield a valid code word. 

Encoding consists of filling (n-m) unprescribed positions in the spectral vector with information digits and 
then finding the inverse transform. If the transform of a received code word is computed and if correctable errors 
are present then one or more of the m prescribed components in the spectrum which should be zero will not be. 
These m possibly non-zero components can be processed to find the spectrum of the error pattern which can then 
be subtracted from the spectrum of the received word. Inverse transformation then completes the decoding process. 

The processing involved is likely to be no more complex than a conventional system. However the real 
advantage of transform coding can be gained by using a more complex encoder in order to achieve simpler 
transform decoding. Thus complexity can be transferred from the receiver to the transmitter, with obvious 
advantages in the broadcast application. 

More detailed information on this subject can be found in Refs. 31, 32 and 33. 

A.2.4 Multilevel coding 

In this form of coding, the coding process increases the number of modulation levels rather than the symbol 
rate. For example if the uncoded system has n information bits/symbol, it would require a 2n-ary modulation 
scheme. If now the n information bits are encoded with a rate n/(n+l) code then a higher level 2(n+l)-ary 
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modulation scheme would be appropriate. There would be no change in the symbol rate, i.e. the coded system 
would have the same bandwidth as the uncoded system and carry the same number of information bits/symbol, 
and provided the coding gain exceeded the poorer noise tolerance imposed by the higher level modulation scheme, 
a net coding gain would be provided 16, M . In practice, however, the spectral advantage of this system could be 
outweighed by the implementation difficulties of higher level modulation schemes. 

A.3 Adaptiwe Channel Equalisation 

In adaptive equalisation, the response of the channel is modified to compensate for imperfect propagation 
conditions. This process can be continuously adjusted to take account of the variable nature of the transmission 
channel. 

An equaliser aims to have a frequency response Hi such that the actual channel response multiplied by Hi 
yields the designed system response. 

The design of a practical equaliser is simplified since we are only interested in the output waveform at 
pre-defined sampling times. Among the many structures used for equalisation the simplest is the transversal filter, 
which consists of a delay line, tapped at suitable intervals, with each tap connected through a variable gain device 
to a summing amplifier. The individual delays (usually set to symbol rate, T%, intervals) and tap gains can then be 
adjusted to achieve the required response and reduce ISI by producing zero crossings at all but one of the samples 
in the span of the equaliser. Such an equaliser is called a zero-forcing equaliser. Because a zero-forcing equaliser 
neglects the effects of channel noise, it may in fact enhance it at certain frequencies. By choosing the equaliser 
coefficients to minimise the mean-square error (the sum of squares of all the ISI terms plus the noise power at the 
output of the equaliser), a better overall performance can be obtained. The least-mean-square equaliser in effect 
maximises the overall signal-to-distortion ratio at its output. 

With an adaptive equaliser the coefficients (or tap gains) can be continually adjusted in response to changes 
in channel characteristics by means of an error signal derived from the output of the equaliser. The problem is 
clearly one of processing speed with the need to continually (and rapidly) update in order to 'track' channel 
changes. Several control algorithms are available to update the tap coefficients with the fast Kalman algorithm 
being a very good compromise between speed and complexity 35 . The number of mathematical operations per 
iteration required by the fast Kalman algorithm with symbol period delay between taps, and N coefficients to be 
updated, is given by Qureshi 36 as 7N+14. 

Decision feedback equalisers have been found to be the most effective way to compensate for multiple 
transmission paths with nearly equal signal strengths. The equalisers are implemented using transversal filters and 
consist of two sections, a 'feedforward' section and a 'feedback' section, the structure of a typical decision feedback 
equaliser is shown in Fig. A.5. The input to the feedforward section, which is identical to the transversal filter 
described earlier, is the received signal. The object of this section is to supply corrections for intersymbol 
interference caused by the precursors of symbols yet to be decided. To eliminate intersymbol interference caused 
by post cursors of symbols that have already been detected, a transversal filter is used in a feedback arrangement, 
with its input supplied with symbols obtained from the equaliser output. In theory if the value of the symbols 
already detected is correctly known then the intersymbol interference contributed by the postcursors of these 
symbols can be cancelled exactly by subtracting past symbol values (with appropriate weighting) from the equaliser 
output. It has also been found that equalisers with taps spaced by a fraction of a symbol duration (e.g. T s /2 or 
22V3) can be more effective than symbol duration spacing 37, 38 . One explanation for this is that the transfer 
function realised by a transversal filter with uniform spacing Tis periodic in 1/Jand by using T = TJ2 or 2T s /3 
the controlled bandwidth is larger than l/T s and hence more effective compensation can be obtained across the 
band occupied by the signal. 

Interesting variations of adaptive decision feedback cancellation of intersymbol interference have also been 
proposed by Kavehrad 39 and Morgan 40 . In their designs a single transversal filter, fed from the input signal, is used 
to directly cancel intersymbol interference before the detection process, with claimed advantages for their technique 
being simpler implementation and rapid and guaranteed convergence. 

In general, performance figures reflecting the advantage of using adaptive equalisation are only available for 
microwave and troposcatter transmission links, and these indicate performance improvements of about 12 dB (at 
BER of 10~ 3 ) for decision feedback equalisers, with further small improvements when fractional tap spacing is 
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used 38, 41 ' 42, 43 . Adaptive channel equalisation has been used very successfully for fixed microwave transmission 
links subject to Rayleigh fading with symbol rates in excess of 50 Mbaud 41, 42, 44 , and for a troposcatter 
transmission link at symbol rates up to 6.5 Mbaud 45 . The latter system, which operated at about 1 GHz using 
QPSK, experienced fade rates in the 1-100 Hz range (due to aircraft) and delay spreads of up to 0.25 /is. 

With high bit-rate transmission over a 'mobile' channel a large number of symbols are available per fade 
cycle (about 1800 symbols for a fade rate of 100 Hz) thus allowing a large number of possible updates for data- 
driven adaption (two or more channels could be time multiplexed to increase this number if neccessary). The 
multipath spread of the 'mobile' transmission channel is also less than a symbol duration and therefore the 
equaliser could be relatively short 37 . It would seem therefore that adaptive equalisation could be developed for the 
'moMe' transmission channel, even though the fade rates are likely to be much higher than those encountered over 
fixed microwave or troposcatter communication links 46 . The lack of published data on the application of adaptive 
equalisation for mobile use is also not surprising. Fade rates are likely to be much higher than over fixed links, and 
digital transmission to mobile receivers has so far been confined to relatively low symbol rates which in turn 
would provide too few symbols per fade for data-derived updates. With the transmission of high symbol rates this 
latter restriction would be lifted and the computing complexity and need for rapid updates should be within the 
capability of the latest high speed digital processors. 

An additional benefit from using adaptive equalisers to reduce intersymbol interference is that they would 
provide a measure of 'multipath diversity' by adding together delayed components of each symbol. 
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Fig. A. 5 - Typical decision feedback equaliser. 
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A.4 Spread Spectrum 

Spread spectrum is a means of using a very much wider bandwidth to transmit information than is actually 
needed. For example a signal occupying several megahertz might be used to transmit telephone quality speech. 
However unlike wideband frequency modulation, this spreading of the transmitted signal is independent of the 
information being sent. The advantages of this extravagant use of spectrum are many, with the ability to reject 
unwanted interference one of the most important. Multipath propagation produces a form of 'self induced' 
interference and therefore spread spectrum techniques are particularly attractive for transmission to mobile 
receivers. 

There are two basic ways of embedding information into the wideband signal, direct sequence and 
frequency hopping. 

A.4.1 Direct sequence 

In direct sequence systems a carrier is modulated by a digital code sequence whose bit rate is much higher 
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than the baseband signal bandwidth, the digitized baseband information being added to this code sequence before 
the modulation process. 

At the receiver, the received signal is multiplied by an identical code to that used by the transmitter. When 
these two codes are synchronised the narrowband baseband signal can be recovered and passed through a suitable 
narrowband filter, designed to pass only the wanted baseband information. Interfering signals are treated in the 
same way, i.e. they are multiplied by this wideband code, but because they are not synchronised to it they are 
spread over a bandwidth equal to the sum of their own bandwidth and that of the code sequence. The 
narrowband filter then rejects almost all of the power of the unwanted signal. Multipath propagation produces 
delayed versions of the original signal, and if this delay is greater than the time interval of one code bit, then the 
delayed version is treated as an uncorrelated input signal and rejected. The higher the code rate the finer its 
discrimination against these delayed versions of the original signal. The advantage, or 'processing gain' of a direct 
sequence system is clearly related to the ratio of the RF bandwidth of the code sequence and the bit rate of the 
information or baseband signal. This processing gain (G) is given by 

G= W/R 

where W is the bandwidth of the transmitted signal, and R is the minimum bandwidth required to transmit the 
baseband signal. If the spread spectrum signal is subjected to a jamming or interfering signal of power J watts, then 
since at the receiver this signal is spread over at least the system bandwidth by multiplication with the local 
receiver reference signal, the amount of its power actualy reaching the receiver output (i.e. after the filter) is 
(R/ W)J or J/G. The effect of this jamming or noise signal has thus been reduced by G times. Since the average 
density of this interfering signal is now uniform it can be treated as wideband noise having a uniform density 

N = J/W watts/Hz. 

If the wanted signal has a power 5" watts, then for a data rate R bits/s the energy per bit will be 

E b = S/R 

and at the receiver output 

E b /N = (S/R) /(J/W) 

= (S/J)(W/R) 

= (S/J)G 

i.e. the input signal-to-noise ratio S/J has effectively been increased G times to E b /N (if implementation losses are 
ignored). The ratio J/S is also called the 'jamming margin' of the system. There is a limit (or threshold) to this 
process, but this is usually beyond the normal operating region. Note also that the actual bandwidth of the 
interfering signal after the multiplication process is the sum of its own bandwidth plus that of the local reference 
signal, so that whereas a CW signal will be spread over the bandwidth of the reference signal, an unwanted spread 
spectrum signal (such as a delayed version of the original signal) will be spread over a bandwidth of twice that of 
the reference signal; consequently for a given power, the noise it produces in the output filter will be 3 dB less 
than that produced by the CW signal. 

An important question now to consider is the capacity of a shared spread-spectrum system, i.e. the number 
of simultaneous spread-spectrum transmissions that can occupy the same bandwidth, with each transmission having 
its own distinct pseudo-random code. This would give an indication of the bandwidth needed to support the 
transmission of the proposed DRBS using spread-spectrum techniques if the signal from each channel occupied the 
same spectrum but used a different spreading code. 

If there are M simultaneous transmissions each having the same transmission power and originating from 
the same point, then an approximate analysis can be made. The input signal-to-interference power ratio at the 
receiver input (assuming that the interference power due to the co-channel transmissions greatly exceeds thermal 
noise power) is given by S7(M-1)S where S is the signal power of the wanted signal. The ratio E b /N at the 
system output is then given by 

E b /N = G/(M-1) 

and the number of simultaneous users M by 

M = [G/(E b /N )] + 1 
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For a threshold value of E b /N of 10 dB the number of simultaneous users is approximately (7/10. When 
multipath is present this capacity will be reduced since delayed components of the wanted signal arriving after a 
period exceeding one code bit period will be treated as interfering signals and reduce the actual signal power, 
imperfections in the spreading codes will also affect the result. The bandwidth needed to accommodate the 
proposed system would therefore need to be at least ten times that of a more conventional TDM system. A 
performance evaluation of a multiple access spread spectrum system by Pursley 47 and Roefs 48 also found that a 
system with processing gain G could only support a maximum of approximately G/10 users 46 . 

A.4.2 Frequency hopping 

Frequency hopping is in fact frequency shift keying with a greatly expanded set of code-selected frequencies 
(often several thousand). The data or baseband signal is added to the code before the transmitter is modulated (as 
with, a direct sequence system), and provided the receiver is synchronised to this code, the latter can provide a 
locally generated replica of the transmitted signal to mix with its incoming signal. When the two signals are 
synchronised the baseband signal is produced at the mixer output and passed through a suitable narrow band-pass 
filter. Any signal not synchronised to the local reference signal is spread at least over the bandwidth of the latter 
by multiplication with the local reference, and only a small fraction of its power appears at the filter output. Thus 
frequency hopping spread spectrum systems can be said to achieve their processing gain through interference 
avoidance whereas direct sequence spread spectrum systems achieve theirs through interference attenuation. 

When the interference is due to multipath propagation, then as long as the signal is hopping fast enough 
relative to the time delay between the wanted signal and its delayed versions, the multipath energy will fall into 
frequency slots that are orthogonal to the slot that the wanted signal currently occupies. The fact that each bit of 
baseband information is transmitted using several frequencies results in a form of frequency diversity which 
significantly reduces the degradation in performance arising from rapid fading 49 . 

The processing gain G of a frequency hopping system with contiguous channels is the same as that given for a 
direct sequence system i.e. 

G = W/R 

where W and R were previously defined. When the channels are not contiguous, i.e. they overlap, then G is given 
as the number of available frequency choices. 

The number of simultaneous users that can be accommodated over a frequency hopping system can be 
reasoned along similar lines to those used to establish an approximate value for direct sequence systems. M is 
approximately equal to G/(E b /N ), where E b /N is the ratio of the wanted energy per bit to the noise density at 
the system output, with similar reservations (made earlier for direct sequence systems) about the effect of severe 
multipath propagation on this capacity 49 . 

A number of investigations have been conducted to establish the capacity of frequency hopping and direct 
sequence systems, with the interests of the researchers concentrating mainly on the capacity of two-way mobile 
terrestrial spread-spectrum systems, with clearly different constraints imposed upon the locations of transmitters and 
receivers, etc.. Even so their results give a useful guide to the probable capacity of a satellite system using spread 
spectrum transmission, confirming the capacity at about G/10 46, 47, 48, 50 . 

A.4.3 Receiver synchronisation 

At the receiver the 'spreading signal', whether direct sequence or frequency hopping, must first be removed 
by multiplying (or correlating) the incoming signal with a local reference. This must be identical in structure and 
synchronised in time to the wanted signal; the information bearing signal is then demodulated in the normal way. 
Achieving and maintaining synchronisation is clearly the most important and difficult task for the receiver. For the 
mobile receiver, Doppler effects increase this difficulty. When multipath components of nearly equal strength are 
received, the problem of acquiring and maintaining synchronisation can be extremely difficult, reducing the 
capacity of a shared system. 

Receiver complexity and spectral inefficiency, then, are the crucial factors to be considered if advantage is 
to be taken of the effectiveness of spread spectrum tecniques in combating multipath propagation. 
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